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Editorial Policy. The journal’s primary objectives are: 

- to present a forum for the advancement of human and human-ma- 
chine speech communication science; 

+ to stimulate cross-fertilization between different fields of this do- 
main; 

* to contribute towards the rapid and wide diffusion of scientifically 
sound contributions in this domain. 


Speech Communication is an interdisciplinary journal whose primary 
objective is to fulfil the need for the rapid dissemination and thorough 
discussion of basic and applied research results. In order to establish 
frameworks to inter-relate results from the various areas of the field, 
emphasis will be placed on viewpoints and topics of a transdisciplinary 
nature. The editorial policy and the technical content of the Journal are 
the responsibility of the Editors and the Institutional Representatives. 
The Institutional Representatives assist the Editors in the definition 
and the control of editorial policy as well as in maintaining connections 


with scientific associations, international congresses and regional 
events. The Editorial Board contributes towards the gathering of mate- 
rial for publication and assists the Editors in the editorial process. 


Subject Coverage. Subject areas covered in this journal include: 

+ Basics of oral communication and dialogue: modelling of produc- 
tion and perception processes; phonetics and phonology; syntax; 
semantics and pragmatics of speech communication; cognitive as- 
pects. 

- Models and tools for language learning: functional organisation 
and developmental models of human language capabilities; acqui- 
sition and rehabilitation of spoken language; speech & hearing de- 
fects and aids. 

+ Speech signal processing: analysis, coding, transmission, en- 
hancement, robustness to noise. 

- Models for automatic speech communication: speech recognition; 
language identification; speaker recognition; speech synthesis; 
oral dialogue. 

+ Development and evaluation tools: monolingual and multilingual 
databases; assessment methodologies; specialised hardware 
and software packages; field experiments; market development. 
Multimodal human computer interface: using speech I/O in combi- 
nation with other modalities, e.g., gesture and handwriting. 
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The Handbook of Genetic 
Communicative Disorders 


Edited by 
Sanford E. Gerber 


FROM THE FOREWORD 


“Without a doubt, the single area in which practicing clinicians lack 
current and clinically relevant training and information is genetics, and 
more specifically the role of genetics in communicative disorders. Over the 
past 15 years, I have noted this to be the case in my interactions with 
audiences throughout the United States and around the world. The 
question I regularly receive from practicing clinicians is ‘Can you help me 
find a readable book on genetics, one that contains information that I can 
put into practice right away?’ Up to this time, there was no single source 
Se I could refer them to. You now hold the answer in your hands. Clinically 
_ relevant, empirically sound, and eminently readable is how I would 
describe the information contained in The Handbook of Genetic 
Communicative Disorders.” 
—LOuis ROSSETTI, UNIVERSITY OF WISCONSIN, OSHKOSH 


The Handbook of Genetic Communicative Disorders is the only book to 
consider the genetics of communicative disorders from a broad perspective. It 
examines genetics, embryology, and epidemiology, along with the study of 
hearing, speech, and language disorders. It also introduces a review of issues 
relevant to genetic counseling and ethics. It is a unique and comprehensive 
work edited by a master clinician and filled with articles written by contributors 
who are the leading experts in their respective disciplines. 
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This book presents a new perspective on stuttering. A key aim of the book is 
to establish a rational and scientifically defensible foundation for the study 
and management of the stuttering disorder, based on the fact that stuttering is 
manifestly a disorder of speech. Central to this objective is the interrelation 
of findings from the fields of stuttering, psychology, psycholinguistics, and 
neurolinguistics that support the analysis of stuttering as an intrinsic anomaly 
of speech production. The book provides critical analysis of much of the 
literature in the field to present a fully objective, scientifically oriented study 
of the disorder. 


Dr Wingate has made significant contributions in the area of fluency 
disorders. In 1969 and 1970, publication of articles that led to his Vocalization 
Hypothesis stimulated a great deal of research in the area of stuttering which 
underlies current therapy approaches. 
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